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Abstract: A new algorithm of power system 
frequency estimation is presented. The algorithm 
applies orthogonal signal components obtained 
with use of two orthogonal FIR filters. The 
essential property of the algorithm presented is its 
outstanding immunity to both signal orthogonal 
component magnitudes and FIR filter gains 
variations which ensures 1.5mHz accuracy of 
estimation over typical (.-2Hz) range of measured 
frequency deviation. The results of the algorithm 
simulation tests using the EMTP software 
package are also included. It was confirmed that 
the algorithm dynamics are good enough to track 
power system frequency even under transient 
conditions. 
1 Introduction 
Estimation of power system frequency is an important 
task since the frequency deviation value is a good indi- 
cator of the system abnormal operating conditions. If 
voltage or current signals, which are used to measure 
the power system frequency, were purely sinusoidal, the 
estimation of frequency would be fast and accurate. 
However, in reality the measured signals are distorted 
by sub- and higher harmonics and have time-varying 
parameters. That is why many estimation methods 
have been developed offering different approaches to 
the problem; such as adequate signal model representa- 
tion (deterministic, nondeterministic, stationary, time- 
varying), sampling frequency manipulation and inclu- 
sion of adaptive features, etc. All the methods are a 
compromise between estimation speed and accuracy. 
Some basic and well-ltnown methods of frequency esti- 
mation are described in [I] while other new approaches 
are presented and analysed in [2-41. In [2] the algo- 
rithm based on signal orthogonal components measure- 
ment is presented.   ow ever, the algorithm requires 
relatively high sampling rate of the input signal. 
Besides, proper numerical correction of both discrete 
derivative representation and orthogonal filters gains is 
necessary to obtain satisfactory accuracy of the fre- 
quency estimation. 
In this paper a new method of frequency estimation 
is presented which avoids the disadvantages of the 
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method described in [2]. The algorithm is also based on 
signal orthogonal components. However, it has been 
derived using finite differences rather than derivatives 
so it requires neither high signal sampling rate nor 
derivatives correction. Moreover, the varying filters fre- 
quency response does not affect the accuracy of the fre- 
quency deviation measurement and thus no filter gains 
correction is necessary. Transient and steady state 
properties of the algorithm are similar to those pre- 
sented in [2], however, from the computational point of 
view the new algorithm is much simpler and assures 
numerical stability. 
2 Derivation of the algorithm 
The algorithm is based on orthogonal signal compo- 
nents filtered out from a real signal whose digital repre- 
sentation is assumed to have the form: 
where T is the sampling period. 
To obtain the orthogonal components the signal is 
processed by a pair of orthogonal FIR filters whose 
impulse responses should be even and odd, respectively. 
Such FIR filters reveal linear phase response and the 
difference of their digital transfer function arguments is 
equal to n12 for all frequencies (it means that the filters 
are orthogonal for all frequencies). The filters process 
the input signal x and produce a pair of output orthog- 
onal signals y,, y, according to equations: 
N - 1  
yc(n) = C :c(n - i )wc ( i )  
i = O  
N-1 
yS(n)  = x (n  - i )w, ( i )  (2b)  
i=O 
where N is the FIR filter order, which is equal to the 
ratio of sampling and power system nominal frequen- 
cies (also a number of samples in one period of funda- 
mental frequency component). w, and w, are even and 
odd impulse responses of FIR filters, respectively (sin 
and cos for example). 
Filters satisfying the conditions of even and odd 
impulse responses yield output signals which can be 
described by equations: 
yC(n)  = IF, (w )  IX cos(nwT + (p + C X ( W ) )  (3a) 
where IF(w),)l is the filter gain at frequency w. 
The filters are usually designed to obtain the same 
gains at nominal frequency. At frequencies other than 
50Hz the gains are different causing discrepancy 
between their output signal magnitudes. If the accuracy 
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